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To Whom It May Concern: 

BE I T KNOWN that ! , KousukeASAMI, a citizen of Japan, residing 
at c/o NEC Saitama, Ltd., 300-18, Aza Toyohara, Oaza Motohara, 
Kam i kawamach i , Kodama-gun. Saitama. Japan, have made a new and usefu I 
improvement in "CELLULAR PHONE" of which the fo I lowing is the true, 
clear and exact specification, reference being had to the 
accompanying drawings. 
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CELLULAR PHONE 



BACKGROUND OF THE INVENTION 
Field of the Invention 

The present invention relates to a cellular phone for 
interchanging information with a base station included in a mobile 
communication system. 

Description of the Background Art 

A modern cellular phone usually includes speakers for 
outputting a cal I incoming tone and a received speech and a memory 
for storing, e.g.. call incoming tone data. More specif i cal ly. one 
of the speakers is assigned to a cal I incoming tone whi le the other 
speaker is assigned to a received speech and, in this sense, plays 
the role of a receiver. For the speaker assigned to sound, a speaker 
capable of outputting sound over a board frequency band is often used 
to meet the demand for a variety of cal I incoming tones. 

In para! lei with the increase in the functions aval lable with 
a cellular phone, the capacity of the above-mentioned memory is 
i ncreas i ng to such a degree that even mus i c or speeches can be recorded 
in the phone. This a I lows the user of the phone to reproduce music 
d i str i buted v i a a mus i c d i str i but i ng mach i ne or I nternet on the phone. 



To a I low the user of the eel lular phone to reproduce music on 
the phone, the phone may be configured such that music based on music 
data is output from the speaker assigned to sound and higher in 
performance than the speaker assigned to a received speech. Such a 
configuration, however, does not provide the music with a 
stereophonic effect. While two speakers may be installed in the 
phone to output stereophonic sound, they increase the size and weight 
of the phone, which should be small size and light weight. 

Technologies relating to the present invention are disclosed 
in, e.g., Japanese Patent La id-Open Publication Nos. 1-120159, 4- 
243358, 6-37920, 10-23115, and 10-233826. 

SUMMARY OF THE INVENTION 

It is an object of the present invention to provide a cellular 
phone capable of outputtihg stereophonic sound whi le maintaining a 
small size, I ightweight configuration. 

A cellular phone for interchanging information with a base 
station by radio of the present invention includes a first speaker 
for selectively outputting a received speech or sound and a second 
speaker for outputting sound. A control ler controls the output of 
a received speech or sound from the first and second speakers in 
accordance with sound setting selected beforehand by the user of the 
phone. 



BRIEF DESCRIPTION OF THE DRAWINGS 

The above and other objects, features and advantages of the 
present invention will become more apparent from the following 
detai led description taken with the accompanying drawings in which: 

FIG. 1 is an exploded isometric view showing a cellular phone 
embodying the present invention; 

FIG. 2 i s a schemat i c b I ock d i agram show i ng e I ectr i c c i rcu i try 
included in the illustrative embodiment; 

FIG. 3 is a schematic block diagram showing a specific 
conf i gurat i on of a speech output sw i tch i ng contro I I er i nc I uded i n the 
ci rcu 1 try of FIG. 2: and 

FIGS. 3 -and— 4- are flowcharts demonstrating a specific 
operation of the illustrative embodiment. 

DESCRIPTION OF THE PREFERRED EMBODIMENT 

Refer r ing to FIG. 1 of the drawings, a eel lu I ar phone embodying 
the present invention is shown and includes a circuit board 3. A 
first and a second speaker 4 and 5, respectively, a microphone 6, an 
operation panel 7 and a display 8 are mounted on the circuit board 
3. The f i rst speaker 4 se I ect i ve I y outputs a rece i ved speech or sound 
including a call incoming tone and music. The second speaker 5 
outputs only sound. The first and second speakers 4 and 5 are spaced 
from each other on one major surface of the circuit board 3 so as to 
implement a stereophonic effect. The speaker 4 is positioned such 
that when the user of the phone converses on the phone, the speaker 



4 faces the user's ear. During conversation, the user's voice is 
input to the microphone 6. The display 8 is implemented as, e.g., 
an LCD (Liquid Crystal Display) and displays various text information 
i ncl ud 1 ng phone numbers as we I I as graph i c i nf ormat i on. The user may 
operate the operation panel 7 in order to input various kinds of 
information including a phone number. Electric circuits for 
execut i ng var i ous operat i ons requ i red of the ce II u I ar phone are a I so 
arranged on the circuit board 3. The speakers 4 and 5 are equivalent 
in performance to each other. 

A front case 1 i s formed with holes 1 1 , 12 and 13 corresponding 
in position to the speakers 4 and 5 and microphone 6, respectively. 
The front case 1 includes a transparent portion corresponding to the 
display 8. Further, a group of holes are formed in the front case 
1 and correspond to a group of keys arranged on the operation panel 
7. An antenna 9 is mounted on a rear case 2 and connected to the 
circuit board 3. The front and rear cases 1 and 2 are put together 
with the ci rcu it board 3 intervening therebetween. At this instant, 
the surface of the circuit board 3 loaded with the various electric 
parts and circuits faces the front case 1. 

FIG. 2 shows electr ic circuitry included in the illustrative 
embodiment. As shown, the circuitry includes a CPU (Central 
Processing Unit) 31 for receiving var ious signals including key input 
signals from the operation panel 7. The CPU 31 delivers a display 
command and a switch command to the display 8 and a speech output 
switching controller 36, respectively. Further, the CPU 31 
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interchanges information with a DSP (Digital Signal Processor) or 
signal processor 33 and a memory 34. The memory 34, which plays the 
ro I e of a speech memory, may be i mp I emented by an EEPROM (E I ectr i ca II y 
Erasable Programmable Read Only Memory) by way of example. In 
5 addition, the CPU 31 executes various kinds of control required of 
the phone. In the illustrative embodiment, the CPU 31 and speech 
output switching controller 36 constitute a controller in 
combination. 

The DSP 33 interchanges information with the CPU 31 and memory 

10 34 as we 1 1 as with a radio section 32 and a CODEC (Coder/Decoder) 35. 
The CODEC 35 includes an AD (Ana I og-to-D i g i ta I ) converter and a DA 
(D i g i ta 1 -to-Ana I og) converter. The memory 34 stores various data 
i no I ud i ng ca I I i ncom i ng tone data and i s capab I e of stor i ng other data 
including music data received via, e.g., Internet. The r ad io sect ion 

15 32 amp I i f i es power and converts frequency i n order to commun i cate w i th 
a base station, which is included in a mobile communication system, 
via the antenna 9. The DSP 33 corrects the characteristic of a 
received signal, sets up a radio channel between the eel lular phone 
and a base station, switches a conversation channel, and processes 

20 a speech signal. 

( ifp^ The Veech output switching controller 36 is connected to a 
received speech ampi if ier 37 and sound amplif iers 38 and 39 as we I I 
as to the CPU 31 and CODEC 35. The switching control Ier 36 executes 
volume controls and amp I if ier switching control in accordance with a 

25 command output '^rom the CPU 31 . The rece i ved speech amp li f i er 27 and 



sound amplVf i er 38 are connected to the f i rst speaker 4 whi le the sound 
amplifier y9 is connected to the second speaker 5. The sound 
amp I if iers and 39 each have a greater amp I if i cat ion ratio than the 
received speech amp I if ier 37. More specif ica I ly. sound output from 
the speaker 4 via the sound amp I if ier 38 and sound output from the 
speaker 5 via 4he sound amp I if ier 39 each have a greater maximum volume 
that a speech\ output from the speaker 4 via the received speech 
amp I if ier 37. \lt is to be noted that a received speech refers to the 
voice of the user of another cellular phone communicating with the 
cellular phone of the illustrative embodiment. 

The microphone 6 transforms a speech input thereto to a speech 
s i gna I . Ami crophone amp I i f i er 41 amp I i f i es the speech s i gna I output 
from the microphone 6 and feeds the amp I if ied speech signal to the 
CODEC 35. 

^ FIG. 3 ^hows a specific configuration of the speech output 
switching contTOller 36. As shown, the switching controller 36 
includes a group\of switches 3 VI through 313 and a group of volumes 
321 through 323. \ The switches 311 through 313 and volumes 321 and 
323 are general ly ties ignated by the reference numerals 310 and 320, 
respectively. Tha volumes 321 through 323 are electronic volumes 
whose resistance ia variable under electric control. 

The switches 311 and 312 are connected to one output of the 
CODEC 35 at one end thereof. The volume 321 has an input connected 
to the other end of the switch 311 and has an output connected to the 
input of the received speech amplifier 37. The volume 322 has an 



input connected to the other end of the switch 312 and has an output 
connected to the input of the sound amp I if ier 38. The switch 313 is 
connected to the other output of the CODEC 35 at one end thereof. The 
volume 323 has an input connected to the other end of the switch 313 
and has an output connected to the input of the sound amp I if ier 39. 

The switching control Ier 36 selectively turns on or turns off 
each of the switches 311 through 313 and varies the resistance of each 
of the volumes 321 through 323 in accordance with a command output 
from the CPU 31 . The CODEC 35 produces a part i cu I ar si gna I from each 
of its two outputs when a stereophonic effect is desired or produces 
the same signal from the two outputs when such an effect is not 
desired. 

in the illustrative embodiment, the speaker 4 is operable in 
two different modes, i.e., a received speech mode and a sound mode. 
Selection of one of these two modes will be referred to as sound 
setting. When the received speech mode is selected, the speaker 4 
is caused to output a received speech with a speech volume set 
beforehand. When the sound mode is selected, the speaker 4 is caused 
to output sound w i th a pr ese I ected ca 1 1 i ncom 1 ng tone vo I ume. As for 
sound setting, a particular mode, e.g., the received speech mode is 
set at the time of, e. g. , shipment. The user of the phone can select 
a desired speech volume and a desired call incoming tone volume on 
the phone. Further, the user can select a desired pattern of call 
incoming tones. The speech volume refers to the volume of a received 
speech output via the speaker 4 whi le the cal I incoming tone volume 
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refers to the volume of sound output via the speaker 5. When the user 
selects the sound mode available with the speaker 4, the speaker 4 
is controlled to the same volume as the speaker 5. In the 
illustrative embodiment, the volume of the speaker 4 is sometimes 
raised to the volume of the speaker 5 stepwise, as wi 1 1 be described 
specif ica I ly later. The maximum volume of a cal I incoming tone, or 
sound, J s greater than the maximum volume of a received speech. 

The user can perform sound setting and select a desired speech 
volume and a desired cal I incoming tone volume when the phone is in 
a standby state or when conversation or music reproduction is under 
way. A specific operation of the illustrative embodiment will be 
described with reference to FIG. 4 as we I I as to FIG. 3. When the 
user presses a particular key, e.g., a menu key positioned on the 
operation panel 7. the CPU 31 displays a menu picture on the display 
8. As shown in FIG. 4, the user, watching the menu picture, selects 
sound setting" by moving a cursor by way of example (step S401). 
The user may add i t i ona II y se I ect a des i red speech vo I ume and a des i red 
call incoming tone volume. The operation panel 7 delivers the 
results of user's selection to the CPU 31. In response, the CPU 31 
determines whether or not the user has selected the sound mode 
available with the speaker 4 (step S402). 

Assume that the user has selected the sound mode (YES, step 
S402). Then, the CPU 31 causes the speech output switching 
control ler 36 to select a cal I incoming tone by feeding a command to 
the switching control ler 36 (step S403). In response, the switching 



controller 36 turns off the switch 311 and turns on the switch 312 
to thereby del iver the output of the CODEC 35 to the speaker 4 via 
the sound amplifier 38. In addition, the switching controller 36 
controls the resistance of the volume 322 in order to implement the 
cai I incoming tone volume selected beforehand. The CPU 31 writes the 
sound setting and volume selected in the memory 34 (step S404). 

Assume that the user has not selected the sound mode, i.e., 
has selected the received speech mode also aval I able with the speaker 
4 (NO. step S402). Then, the CPU 31 controls the speech output 
switching control ler 36 such that a received speech will be output 
from the speaker 4 with the speech volume selected beforehand (step 
S405) . Spec i f i ca I I y, the sw i tch i ng cent r o I I er 36 turns on the sw i tch 
311 and turns off the switch 312 such that the output of the CODEC 
35 is fed to the speaker 4 via the received speech amplifier 37. 
Further, the switching control ler 36 controls the resistance of the 
volume 321 in order to cause the speaker 4 to output a received speech 
with the speech volume selected beforehand. The CPU 31 writes the 
sound setting and volume selected in the memory 34 (step S406). 

In the i I lustrative embodiment, when the eel lular phone is in 
a standby state, the switch 313 is turned on whi le the resistance of 
the vo I ume 323 i s set at a va I ue cor respond i ng to the pr ese I ected ca I I 
incoming tone volume. In this condition, the output of the CODEC 35 
is fed to the speaker 5 via the sound amplifier 39. 

A procedure to follow the termination of a call will be 
described with reference to FIG. 5. As shown, assume that the radio 
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section 32 detects a cal I terminated at the eel lular phone (YES, step 
S501 ) . Then, the rad 1 o sect 1 on 32 de I i vers a ca I I term 1 nat i on s i gna I 
to the CPU 31 . The CPU 31 . detected the ca I I term i nat i on s i gna I (YES, 
step S501), reads the sound setting out of the memory 34 and then 
determines whether or not the sound mode avai I able with the speaker 
4 is selected (step S502). 

Assume that the sound mode is selected (YES, stepS502). Then, 
the route from the CODEC 35 to the two sound amp! if iers 38 and 39 has 



i^fl already been set up while the call incoming tone volume selected 

Q 10 beforehand has a I ready been ass i gned to the speakers 4 and 5. I n th i s 
case, the CPU 31 causes the speech output switching control ler 36 to 

% vary the resistance of the volume 322 at preselected intervals such 

that the volume of the speaker 4 approaches the volume (cal I incoming 

;'3 tone volume) of the speaker 5 stepwise. 

15 The CPU 31 causes the DSP 33 to read cal I incoming tone data 

out of the memory 34 and causes it to generate a cal I incoming signal 
in a stereophonic fashion. Alternatively, the CPU 31 may cause the 
DSP 33 to generate the cal I incoming signal inadual monaural fashion 
such that the same sound is output from both of the speakers 4 and 
20 5. The DSP 33 reads the cal I incoming tone data out of the memory 
34, generates a call incoming signal, and feeds the call incoming 
signal to the CODEC 35. The CODEC 35 converts the digital call 
incoming signal to an analog signal and delivers the analog signal 
to the speech output switching control ler 36. 
25 The speech output switching controller 36 controls the 
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res i stance of the vo I ume 322 step w i se in order to i ncr ease the vo I ume 
of sound to be output from the speaker 4 stepwise (step S503). as 
instructed by the CPU 31. Whi le the cal I incoming tone is output from 
both of the speakers 4 and 5, the volume of the tone output from the 
speaker 4 increases stepwise to the cal I i ncom i ng tone vo I ume se I ected 
beforehand (step S504). This prevents the call incoming tone from 
being abruptly output from the speaker or receiver 4 with a great 
volume and thereby frees the user from unpleasantness. 

Assume that the received speech mode available with the 
speaker 4 is selected (NO, step S502). Then, the CPU 31 causes the 
speech output switching control ler 36 to turns off the switch 311 so 
as to prevent the cal I incoming tone from being output from the speaker 
4. More specif ica I ly, in this case, the route from the CODEC 35 to 
the sound amplifier 39 has already been set up. Consequently, the 
output signal of the DSP 33 is del ivered only to the speaker 5. i.e., 
the cal I incoming tone is output only from the speaker 5 (step S511). 
This informs the user of the call terminated at the phone. 

The user, recognized the cal I, presses a particular key, i.e., 
a conversation start key positioned on the operation panel 7 for 
thereby off-hooking the phone (step S505). In response, the CPU 31 
causes the DSP 33 to stop outputting the cal I incoming tone from the 
speakers 4 and 5. Further, the CPU 31 causes the speech output 
switching control ler 36 to restore the group of switches 310 to the 
condition matching with the sound setting stored in the memory 34. 

Subsequently, the CPU 31 reads the sound setting out of the 
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memory 34 and then determines whether or not the sound mode avai I able 
with the speaker 4 is selected (step S506). If the sound mode is 
selected (YES. step S506). then the speech output switching 
control ler 36 has already set up the route from the CODEC 35 to the 
two sound amplifiers 38 and 39. The CPU 31 therefore causes the 
switching controller 36 to output a speech from the speaker 4 with 
the speech volume selected. More specifically, the switching 
control ler 36 turns on the switch 311 and turns off the switches 312 
and 31 3 i n order to de li ver the output s i gna I or r ece i ved speech s i gna I 
of the CODEC 35 only to the received speech ampi if ier 37 (step S507). 

Further, the CPU 31 cause the DSP 33 to process a speech signal 
received via the radio section 32 and feeds .the processed speech 
signal to the CODEC 35. The CODEC 35 converts the speech signal to 
an analog speech signal and feeds the analog speech signal to the 
speech output switching control ler 36. The analog speech signal is 
input to the speaker 4 via the switch 311 of the switching control ler 
36 and received speech ampI if ier 37 because the switches 312 and 313 
have been turned off. 

The microphone 6 transforms the user's voice input thereto 
to a speech s i gna I . The m i crophone amp I i f i er 41 amp I i f i es the speech 
signal and feeds the amplified speech signal to the CODEC 35. The 
CODEC 35 digitizes the speech signal and delivers a digital speech 
signal to the DSP 33. The DSP 33 processes the digital speech signal 
and feeds the processed digital speech signal to the radio section 
32. The radio section 32 sends the processed digital speech signal 
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to a base station. In this manner, conversation is held between the 
user and the other party (step S508). 

Assume that the sound setting is not the sound mode avai I able 
with the speaker 4 (NO, step S506) . Then, the CPU 31 causes the speech 
output switching control ler 36 to turn off the switch 313. In this 
case, the route from the CODEC 35 to the received speech amplifier 
37 has already been set up. Therefore, the output signal or received 
speech s 1 gna I of the CODEC 35 i s i nput to the speaker 4 v i a the rece i ved 
speech amplifier 37. Consequently, the received speech is output 
only from the speaker 4, setting up conversation (step S508). After 
the conversation has been set up, the i I lustrative embodiment causes 
the speech output switching control ler 36 to turn off the switch 313, 
as stated above. This control over the switch 313 is not necessary 
if the CODEC 35 is configured to output the received speech signal 
on only one output thereof, which is connected to the switches 311 
and 312. 

On comp I et i ng conver sat i on, the user presses a part i cu I ar key, 
e. g. . a conversation end key for thereby on-hooking the phone (step 
S509). In response, the CPU 31 causes the speech output switching 
control ler 36 to restore the group of switches 310 to the condition 
matching with the sound setting stored in the memory 34 (step S510). 
Thereafter, the procedure returns to the step S501. 

A procedure for reproducing music data stored in the memory 
34 wi 1 1 be described hereinafter. When the phone i s connectab I e to, 
e.g., Internet, it is capable of receiving music data via Internet. 
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Music data received is written to the memory 34 in the same manner 
as call incoming tone data. Today, even music data distribution 
services are avai I able at, e.g.. convenience stores and record stores 
for recording various kinds of music data in MDs (Mini Disks) or 
simi lar disks. Even the eel lular phone is capable of receiving music 
data at such a spot if provided with a function of downloading the 
music data, as will be described hereinafter. 

To reproduce the music data stored in the memory 34, the user 
presses the menu key or simi lar preselected key on the operation panel 
7. In response, the CPU 31 displays various kinds of selection menus 
on the display 8. When the user selects a music play menu, the CPU 
31 designates music data to be reproduced in accordance with the 
user' s selection. 

Further, by vary ing the sound setting, the user can enjoy mus ic 
based on the music data and output from both of the speakers 4 and 
5. For example, assume that the user switches the sound setting to 
the sound mode avai I able with the speaker 4. Then, the volume of the 
speaker 4 i s centre 1 1 ed to the vo I ume of the speaker 5 wh i I e the output 
signal of the CODEC 35 is del ivered to the speakers 4 and 5 via the 
sound amp! if iers 38 and 39, respectively. When the user performs a 
preselected operation for reproducing the music, the CPU 31 causes 
the DSP 33 to reproduce the designated music data. More specif ica I ly, 
the DSP 33 reads the music data out of the memory 34 and generates 
a music signal in the same manner as when generating the ca 1 1 incoming 
tone signal. The music signal is delivered to the speakers 4 and 5 
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via the CODEC 35, speech output switching controller 36. and sound 
amp! If iers 38 and 39. As a result, sound is output form both of the 
speakers 4 and 5 with the ca 1 1 Incoming tone volume In accordance with 
the music signal. 

At the time of music reproduction, the CPU 31 does not cause 
the switching control ler 36 to increase the volume of the speaker 4 
stepwise. Therefore, sound is immediately output from the speaker 
4 with the cal I incoming tone volume selected beforehand. The user 
may select a greater cal I incoming tone volume to en joy the music with 
a greater volume, if desired. 

The music output from both of the speakers 4 and 5 provides 
the user with a stereophonic effect, it is to be noted that when the 
user inputs a music play command on the operation panel 7, the CPU 
31 may automatically switch the sound setting to the sound mode 
available with the speaker 4. 

While the illustrative embodiment reproduces music data by 
using the sound setting, it may be modified to reproduce music data 
without regard to the sound setting, if desired. For example, the 
phone may be configured to a I low the user to select a desired sound 
volume independently of the cal I incoming tone volume, in which case 
the phone vi 1 1 reproduce music data with the desired sound volume in 
place of the preselected call incoming tone volume. Further, the 
phone may be configured to allow the user to select the speaker 5, 
the speakers 4 and 5 or the speaker 5 for the reproduction of music 
data. In addition, the user, when selected the speaker 4 for the 
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reproduct i on of mus i c data, may se I ect the speech vo I ume so as to enjoy 
music in the same manner as usual conversation. 

As stated above, the phone includes the speakers 4 and 5 each 
of which can output sound with a volume greater than the speech volume. 
The phone can therefore output a call incoming tone or music with a 
stereophonic effect. Particularly, the stereophonic effect is 
enhanced because the speakers 4 and 5 are spaced from each other on 
the same surface that faces the front case 1. 

Further, the user can enjoy stereophonic music only if a 
speaker conventional ly mounted on a cellular phone is replaced with 
the speaker 4 shared by speeches and sound. This can be done without 
resorting to any extra audio part or any extra mounting space. The 
illustrative embodiment can therefore output stereophonic sound 
despite its size equivalent to the size of a conventional cellular 
phone. 

Moreover, the i I lust rat ive embodiment causes a call incoming 
tone to be output from the speaker 4 w i th a vo I ume i ncreas i ng stepw i se, 
i.e. , prevents a cal I incoming tone from being abruptly output with 
a great volume. The user is therefore free from unpleasantness. 

In summary, in accordance with the present invention, a 
cellular phone includes a first speaker capable selectively 
outputting a received speech or sound and a second speaker capable 
of outputting sound. A controller causes sound to be selectively 
output from one or both of the f i rst and second speakers in accordance 
with sound setting selected by the user of the phone. The phone of 
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the present invention can therefore output stereophonic sound, e. g. , 
a stereophonic call incoming tone. Further, the first speaker can 
be implemented by the speaker of a conventional cellular phone only 
if a function of outputting sound, as distinguished from a speech, 
is added to the speaker. The phone of the present invention can 
therefore output stereophonic sound with a size and a weight 
comparable with those of the conventional cellular phone. 

Var i ous mod i f i cat i ons will become poss i b I e for those sk i II ed 
in the art after receiving the teachings of the present disclosure 
without departing from the scope thereof. 



